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(57) ABSTRACT

A signal processor for a hearing device with an implantable
stimulator having two or more electrodes for emitting elec-
tric charge pulses to neural-fibers of an individual. The
processor has a signal path comprising an input circuit
adapted to receive an acoustic-signal from the surroundings
and provide at least one corresponding input audio-signal; a
filter bank adapted to provide at least one band-limited
audio-signal in dependence on the at least one input audio-
signal; and a noise filter adapted to attenuate undesired
signal components in the at least one band-limited audio-
signal and to provide at least one corresponding noise-
filtered signal. The processor is characterised in that the
portion of the signal path preceding the noise filter neither
causes an effective level compression nor an effective level
expansion of the at least one noise-filtered signal when the
at least one noise-filtered signal is derived from an acoustic
signal having a level within the comfortable acoustic range.
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1
SIGNAL PROCESSOR FOR A HEARING
DEVICE AND METHOD FOR OPERATING A
HEARING DEVICE

TECHNICAL FIELD

The present invention relates to a signal processor for a
hearing device and to a method for operating a hearing
device. More specifically, the present invention relates to a
signal processor for a hearing device for electric stimulation
of nerve cells and to a method for operating such a hearing
device.

The invention may e.g. be useful in applications such as
a hearing aid for compensating a hearing-impaired person’s
loss of hearing capability or a listening device for augment-
ing a normal-hearing person’s hearing capability.

BACKGROUND ART

U.S. Pat. No. 4,207,441 discloses an auditory prosthesis
equipment comprising n electrode sets implanted in the
cochlea at n discrete locations chosen to allow the brain to
identify n discrete frequencies in the sound range. Signals
collected by a microphone are passed through a compressor
to adapt the dynamic range of the sound information (e.g. 60
dB) to the dynamic characteristics of the ear (e.g. 4 dB). An
analysing network transforms the compressed signal into n
analysis signals using filters with frequencies corresponding
to the frequencies identifiable by the brain. An amplitude
calculating network calculates the mean value of the ampli-
tudes of each analysis signal, and a signal forming network
generates n pulse signals in dependence on the analysis
signals. A logic circuit provides a raster signal with width-
modulated pulses in dependence on the n mean values, the
n pulse signals and a matching network for preadjustment to
individual users. The raster signal is transmitted inductively
to an implanted receiver, which sequentially transmits elec-
tric pulses to respective electrode sets in the n electrode sets
such that the energy transmitted in each electric pulse
corresponds to the energy indicated in the respective pulse
in the raster signal.

The compression of the microphone signals in the dis-
closed auditory prosthesis equipment inherently changes the
frequency composition in the signals, and thus creates
artefacts in the n analysis signals provided by the subsequent
frequency filtering. Furthermore, the signal processing in the
disclosed auditory prosthesis equipment does not provide
any specific enhancement of speech signals compared to
other acoustic signals.

SUMMARY OF THE INVENTION

The present invention provides a signal processor that
allows implementing a hearing device that does not suffer
from the above problems. The invention also provides a
method for operating a hearing device, which overcomes the
above problems.

The invention is achieved by the invention defined in the
accompanying independent claims and as explained in the
following description. The invention is further achieved by
the embodiments defined in the dependent claims and in the
detailed description of the invention.

In the present context, a “hearing device” refers to a
device, such as e.g. a hearing aid or a listening device, which
is adapted to improve, augment and/or protect the hearing
capability of a user by receiving acoustic signals from the
user’s surroundings, generating corresponding audio sig-
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2

nals, possibly modifying the audio signals and providing the
possibly modified audio signals as audible signals to at least
one of the user’s ears in the form of electric signals trans-
ferred directly or indirectly to the cochlear nerve, to other
sensory nerves and/or to the auditory cortex of the user.

A hearing device may comprise a single unit or several
units communicating electronically with each other. Each of
the one or more units of a hearing device may be configured
to be worn in any known way, e.g. behind the ear, entirely
or partly arranged in the pinna and/or in the ear canal, as an
entirely or partly implanted unit, etc.

More generally, a hearing device comprises an input
transducer for receiving an acoustic signal from a user’s
surroundings and providing a corresponding input audio
signal, a signal processing circuit for processing the input
audio signal and an output means for providing an audible
signal to the user in dependence on the processed audio
signal. Some hearing devices may comprise multiple input
transducers, e.g. for providing direction-dependent audio
signal processing. In some hearing devices, the output
means may comprise one or more output electrodes for
providing electric signals. In some hearing devices, the
output electrodes may be implanted in the cochlea or on the
inside of the skull bone and may be adapted to provide the
electric signals to the hair cells of the cochlea, to one or more
hearing nerves and/or to the auditory cortex.

A “hearing system” refers to a system comprising one or
two hearing devices, and a “binaural hearing system” refers
to a system comprising one or two hearing devices and being
adapted to cooperatively provide audible signals to both of
the user’s ears. In a hearing system or a binaural hearing
system, one or both of the hearing devices may comprise
other output means in addition to output electrodes in order
to provide audible signals e.g. in the form of acoustic signals
radiated into the user’s outer ears or acoustic signals trans-
ferred as mechanical vibrations to the user’s inner ears
through the bone structure of the user’s head and/or through
parts of the middle ear. In such hearing devices, the output
means may comprise an output transducer, such as e.g. a
loudspeaker for providing an air-borne acoustic signal or a
vibrator for providing a structure-borne or liquid-borne
acoustic signal. In a binaural hearing system, the output
electrodes may be omitted in one hearing device comprising
such other output means.

Hearing systems or binaural hearing systems may further
comprise “auxiliary devices”, which communicate with the
hearing devices and affect and/or benefit from the function
of the hearing devices. Auxiliary devices may be e.g. remote
controls, remote microphones, audio gateway devices,
mobile phones, public-address systems, car audio systems or
music players. Hearing devices, hearing systems or binaural
hearing systems may e.g. be used for compensating for a
hearing-impaired person’s loss of hearing capability, aug-
menting or protecting a normal-hearing person’s hearing
capability and/or conveying electronic audio signals to a
person.

As used herein, the singular forms “a”, “an”, and “the” are
intended to include the plural forms as well (i.e. to have the
meaning “at least one”), unless expressly stated otherwise. It
will be further understood that the terms “has”, “includes”,
“comprises”, “having”, “including” and/or “comprising”,
when used in this specification, specify the presence of
stated features, integers, steps, operations, elements and/or
components, but do not preclude the presence or addition of
one or more other features, integers, steps, operations,
elements, components and/or groups thereof. It will be
understood that when an element is referred to as being
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“connected” or “coupled” to another element, it can be
directly connected or coupled to the other element, or
intervening elements may be present, unless expressly stated
otherwise. As used herein, the term “and/or” includes any
and all combinations of one or more of the associated listed
items. The steps of any method disclosed herein do not have
to be performed in the exact order disclosed, unless
expressly stated otherwise.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention will be explained in more detail below in
connection with preferred embodiments and with reference
to the drawings in which:

FIG. 1 shows an a hearing device according to an embodi-
ment of the invention,

FIG. 2 shows a functional block diagram of the hearing
device shown in FIG. 1 according to an embodiment of the
invention,

FIG. 3 shows a diagram illustrating the function of the
hearing device shown in FIG. 1 according to an embodiment
of the invention, and

FIG. 4 shows a diagram illustrating the function of the
hearing device shown in FIG. 1 according to another
embodiment of the invention.

The figures are schematic and simplified for clarity, and
they just show details, which are essential to the understand-
ing of the invention, while other details are left out.
Throughout, like reference numerals and/or names are used
for identical or corresponding parts.

Further scope of applicability of the present invention will
become apparent from the detailed description given here-
inafter. However, it should be understood that the detailed
description and specific examples, while indicating pre-
ferred embodiments of the invention, are given by way of
illustration only, since various changes and modifications
within the scope of the invention will become apparent to
those skilled in the art from this detailed description.

DETAILED DESCRIPTION OF THE
INVENTION

The embodiment of a hearing device 1 shown in FIG. 1
comprises a wearable device 2 and an implantable stimulator
3. The wearable device 2 comprises a pre-processor 4, a
transmission coil 5 and a battery (not shown) for powering
the electronic circuits of the wearable device 2 and/or the
electronic circuits of the implantable stimulator 3. The
implantable stimulator 3 comprises a reception coil 6, a
post-processor 7 and a flexible electrode carrier 8. The
flexible electrode carrier 8 comprises an electrode array 9
with twenty electrodes 10. In other embodiments, the num-
ber of electrodes 10 may be different. The pre-processor 4
comprises a transmitter 11, and the post-processor 7 com-
prises a corresponding receiver 12.

The wearable device 2 is adapted to be worn on the body
of the user of the hearing device 1, such that the pre-
processor 4 may receive an acoustic signal from the user’s
surroundings and pre-process the acoustic signal. The trans-
mitter 11 encodes the pre-processed signal and transmits the
encoded signal to the implantable stimulator 3 by means of
the transmission coil 5. The implantable stimulator 3 is
adapted to be implanted in the body of the user, e.g. on the
inside of the skull or in the cochlea, with the electrodes 10
adjacent to neural fibres such that electric charge pulses
emitted by the electrodes 10 may stimulate these neural
fibres and thus create a sensation in the user, preferably in
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the form of a perceived sound. The reception coil 6 is
adapted to be arranged such that the post-processor 7 may
receive the encoded signal from the transmitter 11 by means
of the reception coil 6 and the receiver 12, decode the
encoded signal by means of the receiver 12 and provide
electric charge pulses to the neural fibres through the elec-
trodes 10 of the flexible electrode carrier 8 in dependence on
the decoded signal. The hearing device 1 may thus create
sensations in the user in dependence on the acoustic signal.

The hearing device 1 controls the stimulation, and thereby
the sensation in the user, by varying the pulse emission times
and/or the amount of electric charge emitted in the electric
charge pulses. The latter may preferably be done by varying
the duration and/or the amplitude of the electric charge
pulses. Such variations of the charge amount is typically
perceived as variations in the strength of the signal, e.g. as
loudness in the case that the stimulated neural fibres belong
to the auditory nerve. The hearing device 1 is preferably
further adapted to stimulate at least two different sets of
neural fibres in order to create a further dimension in the
perception of the sensation. For example, stimulating dif-
ferent sets of neural fibres in the auditory nerve may create
perception of different sound frequencies in the user. In the
following, the term “auditory channel” denotes any distinct
set of neural fibres of a particular user that may be stimulated
by the hearing device 1.

As shown in the functional block diagram in FIG. 2, the
hearing device 1 comprises an input circuit 20, a filter bank
21, a noise filter 22, a pulse controller 23, a pulse generator
24 and the electrode array 9. The input circuit 20 comprises
an input transducer 201, a preamplifier 202, a digitiser 203
and a pre-emphasis filter 204. The filter bank 21 comprises
an FFT converter 211, an energy estimator 212 and a channel
combiner 213. The input circuit 20, the filter bank 21, the
noise filter 22 and the pulse controller 23 together constitute
a signal processor 25. In the shown embodiment, the signal
processor 25 is comprised by the pre-processor 4. In other
embodiments, the signal processor 25 may be comprised
partly by the pre-processor 4 and partly by the post-proces-
sor 7, and in such embodiments the signal processor 25 may
further comprise the pulse generator 24.

The input transducer 201 is arranged such that it may
receive an acoustic signal from the user’s surroundings and
provide a corresponding electric input signal. The pream-
plifier 202 amplifies the electric input signal, and the digi-
tiser 203 digitises the amplified input signal. The pre-
empbhasis filter 204 pre-filters the digitised input signal, such
that low and high audio frequencies are emphasised in order
to achieve a frequency characteristic more like the human
ear’s natural frequency characteristic. The pre-emphasis
filter 204 is preferably programmable in order to allow e.g.
an audiologist to adapt the frequency characteristic to the
preferences and the hearing capability of the user. The input
circuit 20 provides the pre-filtered input signal as an input
audio signal to the filter bank 21. In other embodiments, the
input circuit 20 may provide the electric input signal, the
amplified input signal or the digitised input signal as the
input audio signal. In other embodiments, the input circuit
20 may comprise further input transducers 201, preampli-
fiers 202, digitisers 203, pre-emphasis filters 204, wireless
receivers, etc., that allow the hearing device 1 to receive and
process acoustic signals from further sources and/or to
achieve directional preference for specific spatial directions.

The FFT converter 211 transforms the input audio signal
from a time-domain representation to a frequency-domain
representation by means of a Fast Fourier Transformation
(FFT), thus providing a number, e.g. 32, 64 or 128, of
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frequency-bin signals. The energy estimator 212 squares the
respective frequency-bin signals and provides a correspond-
ing number of frequency-energy signals indicating the
instantaneous energy in the respective frequency-bin sig-
nals. The channel combiner 213 combines the frequency-
energy signals, or any subset hereof, into a number of
frequency channels, each comprising one band-limited
audio signal. The number of frequency channels preferably
equals the maximum number of auditory channels that may
be stimulated by the electrodes 10 in the electrode array 9
and is thus typically lower than the number of frequency-bin
signals and frequency-energy signals. In other embodi-
ments, the number of frequency channels may be larger, or
alternatively, lower than the maximum number of stimulat-
able auditory channels. The number of frequency channels
may e.g. equal 1, 2, 4, 8, 16, 20, 24, 28 or 32. In other
embodiments, other well known time-to-frequency domain
converters may replace the FFT converter 211, such as e.g.
a bank of narrow-band filters.

The channel combiner 213 preferably performs the com-
bining for each frequency channel by adding one or more of
the frequency-energy signals into the respective band-lim-
ited audio signal. Within any frequency channel, the channel
combiner 213 may weigh the respective frequency-energy
signals differently, e.g. to accommodate for user preferences.
The channel combiner 213 preferably combines the fre-
quency-energy signals such that the band-limited audio
signals comprise different subsets of frequency-energy sig-
nals. In other embodiments, one or more subsets of the total
set of band-limited audio signals may comprise identical
subsets of frequency-energy signals. The channel combiner
213 preferably combines the frequency-energy signals such
that any frequency-energy signal is at most combined into
one of the band-limited audio signals. In other embodiments,
the same frequency-energy signal may be combined into two
or more of the band-limited audio signals.

The filter bank 21 thus provides at least one band-limited
audio signal in dependence on the input audio signal. The
filter bank 21 preferably provides two or more band-limited
audio signals such that the user may distinguish between
acoustic signals having different frequency content. The
filter bank 21 is preferably programmable in order to allow
e.g. an audiologist to allocate specific frequency-bin signals
to specific band-limited audio signals and thus to specific
auditory channels depending on the preferences and the
hearing capability of the user.

The noise filter 22 attenuates undesired signal compo-
nents in the band-limited audio signals and provides corre-
sponding noise-filtered signals. Preferably, one noise-fil-
tered signal is provided for each frequency channel and thus
for each band-limited audio signal. The FFT transformation
of the input audio signal in the filter bank 21 is performed
using a limited time window in order to keep the time delay
through the hearing device at a reasonably low level. This
inherently causes pure tones to smear out on adjacent
frequency bands, and since the frequency-domain signals
are not converted back into time-domain signals, which
would otherwise remove or reduce the smearing, the smear-
ing is preferably removed or at least reduced by the noise
filter 22. Several methods for such “side-lobe cleaning” are
already known in the art, and any of these may be imple-
mented in the noise filter 22.

Furthermore, the noise filter 22 preferably removes 50 Hz
or 60 Hz noise signals that may be induced in the transmis-
sion coil 5 and/or the reception coil 6 when the coils 5, 6 are
close to mains power wiring and thus, depending on the
actual configuration of the hearing device 1 (see further
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below), may also appear in the band-limited audio signals.
Furthermore, the noise filter 22 preferably removes noise
signals with a level below a noise-floor threshold in order to
prevent that the user perceives the noise floor of the sur-
roundings when no sounds of interest are present. The noise
filter 22 is preferably programmable in order to allow e.g. an
audiologist to adapt the noise attenuation to the preferences
and the hearing capability of the user.

Preferably, the pulse controller 23 causes the pulse gen-
erator 24 to provide one stream of electric charge pulses for
each noise-filtered signal. The pulse controller 23 computes
emission times for the electric charge pulses, preferably such
that the emission times coincide with a regular time interval
of'e.g. 1 ms or 2 ms. In other embodiments, alternative time
schemes may be used as is well known in the art. The pulse
controller 23 further computes target charge amounts E (see
FIG. 3) for the individual electric charge pulses in depen-
dence on the noise-filtered signals. The computation of the
target charge amounts E is explained in detail in the descrip-
tion of FIG. 3 further below.

The pulse generator 24 generates electric charge pulses
and provides the electric charge pulses to the electrodes 10,
such that the emitted electric charge in each pulse corre-
sponds to the respective target charge amount E. The pulse
generator 24 preferably provides each electric charge pulse
as a current flowing out through one or more electrodes 10,
those electrodes 10 thus having positive polarity, and back
through one or more other electrodes 10, those electrodes 10
thus having negative polarity, thereby causing the current to
flow from the positive electrodes 10 to the negative elec-
trodes 10 through the tissue and thereby stimulating neural
fibres in or adjacent to the tissue.

The pulse generator 24 preferably comprises a pulse
generator circuit 241 and a switching circuit 242 operable to
electrically connect the pulse generator circuit 241 to the
electrodes 10 of the electrode array 9 in different stimulation
configurations in order to cause the pulse current to flow
through different tissue portions and thereby stimulate dif-
ferent sets of neural fibres. The pulse generator 24 may thus
stimulate different auditory channels and create different
sensations in the user by changing the stimulation configu-
ration of the pulse generator 24 and/or the electrode array 9.
Instead of, or in addition to, switching the electrodes 10,
multiple, individually controllable pulse generator circuits
241 may be used to achieve the same or further configu-
rability.

In one or more stimulation configurations, a first electrode
10 may have positive polarity and a second, adjacent elec-
trode 10 may have negative polarity while the remaining
electrodes 10 are disconnected from the pulse generator
circuit 241 and thus have neutral polarity, such that the pulse
current flows from the first to the second electrode 10. In one
or more other stimulation configurations, a first electrode 10
may have positive or negative polarity while all of the
remaining electrodes 10 have respectively negative or posi-
tive polarity, such that the pulse current flows respectively
from the first electrode 10 to all of the remaining electrodes
10 or in the opposite direction. In one or more further
stimulation configurations, a first electrode 10 and all elec-
trodes 10 between the first electrode 10 and the respective
end of the electrode array 9 may have positive polarity while
a second, adjacent electrode 10 and all electrodes 10
between the second electrode 10 and the respective other
end of the electrode array 9 may have negative polarity, such
that the pulse current flows substantially between two por-
tions of the electrode array 9, which together comprise all of
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the electrodes 10. Further stimulation configurations, such as
mixtures of the above stimulation configurations, may be
used if desired.

Preferably, each frequency channel or pulse stream is
allocated to a predefined auditory channel, and the pre-
defined auditory channels and their allocation are preferably
chosen such that sensations perceived by the user are similar
to the sensations a normal-hearing person would perceive
when subjected to acoustic signals within the frequency
ranges of the corresponding band-limited audio signals.

The pulse generator 24 preferably provides the electric
charge pulses such that they each start at a respective
computed emission time. The charge amount provided by
each pulse may be controlled by varying the duration and/or
the amplitude of the electric charge pulses. The pulse
generator 24 preferably provides the electric charge pulses
as bi-phase pulses, i.e. as pairs of pulses with the two pulses
of each pair following immediately after each other and
having opposite polarity and thus opposite current direction,
in order to prevent a build-up over time of electric potential
in the tissue. In this case, the two pulses of each bi-phase
pulse preferably each provides one half of the respective
target charge amount E.

The pre-processor 4 preferably comprises the signal pro-
cessor 25, and thus the input circuit 20, the filter bank 21, the
noise filter 22 and the pulse controller 23, as well as a
transmitter 11. The pulse controller 23 provides a pulse
signal indicating the computed emission times and the
computed target charge amounts E for the individual electric
charge pulses. The transmitter 11 receives the pulse signal as
the pre-processed signal, encodes the pulse signal and trans-
mits the encoded pulse signal to the implantable stimulator
3 through the transmission coil 5. The transmission is
preferably performed using near-field magnetic induction
(NFMI) signals that are known to penetrate skin and tissue
without significant attenuation. The encoded pulse signal is
preferably transmitted by means of amplitude modulation,
e.g. on/off keying, of a carrier signal with a frequency in the
low MHz range, e.g. about 1-10 MHz or about 2-5 MHz.
Accordingly, the post-processor 7 preferably comprises a
receiver 12 and the pulse generator 24. The receiver 12
receives the encoded pulse signal through the reception coil
6, decodes the encoded pulse signal into the pulse signal and
provides the decoded pulse signal to the pulse generator 24.
The pulse generator 24 generates the electric charge pulses
in accordance with the emission times and target charge
amounts E indicated in the decoded pulse signal as described
further above.

The hearing-device configuration described above allows
for performing a minimum of power-consuming computa-
tions and/or signal processing within the post-processor 7
and thus allows for supplying power to the post-processor 7
using the NFMI signals transmitted by the transmitter 11,
e.g. by using these signals to charge a capacitor (not shown)
comprised by the implantable stimulator 3. The transmission
is performed using a transmission protocol that preferably
allows for transmitting dummy signals in order to provide
further power to the post-processor 7 in cases and/or during
time periods wherein the power transmitted in the encoded
pulse signal does not suffice. Other hearing-device configu-
rations may be readily contemplated. However, the benefits
of such other hearing-device configurations should be bal-
anced against the possibly increased complexity of the
circuits to be implanted, which may make the implantable
stimulator 3 less robust and further increase its power
consumption. Also, the amount of data to be transmitted to
the implantable stimulator 3 may increase, which may
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require an increase in transmission bandwidth and further
increase the complexity of the implanted receiver 12. In such
other configurations, the transmitter 11 and the receiver 12
should obviously appear in the appropriate other functional
blocks of the functional diagram.

The diagram shown in FIG. 3 illustrates how target charge
amounts E for the individual electric charge pulses in each
pulse stream or auditory channel may be computed from the
levels L of the respective noise-filtered signal using a
piecewise linear mapping function, e.g. a simple mapping
function 30 or an enhanced mapping function 31. The L axis
and the E axis are both linear, and each mapping function 30,
31 maps the logarithm L of the sound pressure or the energy
in the respective noise-filtered signal into a target charge
amount E for the respective pulse stream or auditory chan-
nel. The mapping functions 30, 31 may differ between the
auditory channels due to different coupling between the
electrodes 10 and the neural fibres and/or different sensitiv-
ity in the different neural fibres.

A normal-hearing person has a frequency-dependent hear-
ing threshold that defines the weakest sounds the person can
hear and a frequency-dependent uncomfortable level (UCL)
that defines the weakest sounds that cause discomfort in the
person. In the following text, the term “comfortable acoustic
range” refers to the frequency-dependent level range
between the typical hearing threshold and the typical UCL
for normal-hearing persons. Statistically obtained values for
these levels are well known in the art. It is also well known
that normal-hearing persons typically perceive loudness
approximately logarithmic within the comfortable acoustic
range. A specific relative increase, such as e.g. a doubling,
of'the sound pressure or the energy in an acoustic signal thus
typically creates a perception of a specific absolute increase
of loudness. This is reflected in the common use of the
logarithmic dB scale for sound levels.

In contrast hereto, the perception of loudness when the
auditory neural fibres are directly electrically stimulated is
approximately linear within the dynamic range perceivable
by the user. A specific absolute increase in the emitted
electric charge thus typically creates a perception of a
specific absolute increase of loudness, regardless of the
starting loudness. The perception is, however, quite varying
from person to person, and the hearing device 1 therefore
needs to be calibrated to the individual user. After the
implantation of the implantable stimulator 3, an audiologist
thus normally performs one or more tests in order to
determine which electrodes 10 are functional, which audi-
tory channels may be stimulated and which stimulation
levels may be perceived by the user in the individual
auditory channels. For each auditory channel, the audiolo-
gist preferably determines a threshold charge T equal to the
smallest charge that the user can perceive in charge pulses
and a maximum comfortable charge C equal to the largest
charge that the user can perceive in charge pulses emitted
repeatedly for a longer time without feeling discomfort. In
the following text, the term “comfortable stimulation range”
refers to the level range between the threshold charge T and
the maximum comfortable charge C for a particular auditory
channel.

The input circuit 20, the filter bank 21 and the noise filter
22 together constitute a signal path taking the acoustic signal
as input and providing the noise-filtered signal(s) as output.
The portion of the signal path 20, 21, 22 preceding the noise
filter 22 preferably applies a linear gain, i.e. a gain that is not
level-dependent, to any acoustic signal within the comfort-
able acoustic range. Thus, the signal path 20, 21, 22 pre-
ceding the noise filter 22 neither causes an effective level
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compression nor an effective level expansion of noise-
filtered signals derived from an acoustic signal having a
level within the comfortable acoustic range. This preferably
also applies to the noise filter 22. Electronic components
used for implementing the signal path 20, 21, 22 are thus
preferably dimensioned such that their inherent nonlineari-
ties neither affect the band-limited audio signal nor the
band-limited audio signal noise-filtered signals when these
signals are derived from an acoustic signal having a level
within the comfortable acoustic range. Alternatively, or
additionally, the signal path 20, 21, 22 may comprise means
for compensating for such nonlinearities in order to avoid
both effective level compression and effective level expan-
sion.

Also, the input gain, i.e. the total gain in the signal path
20, 21, 22, is preferably fixed or calibrated at known values.
This allows the hearing device 1 to let the user perceive the
loudness of an acoustic signal similarly strong as a normal-
hearing person by mapping the comfortable acoustic range
into the comfortable stimulation range such that an acoustic
signal at the hearing threshold causes stimulation at the
threshold charge T and an acoustic signal at the UCL causes
stimulation at the maximum comfortable charge C in the
respective auditory channel with a linear dependency
between these end points. When the input gain is known, the
noise signal level I may be computed as the sum of the level
of the acoustic signal and the input gain, at least for a tonal
acoustic signal that is not attenuated by the noise-filter 22,
and thus, the linear mapping from the comfortable acoustic
range into the comfortable stimulation range may be
achieved by mapping a corresponding level range of the
noise signals into target charge amount E, e.g. using the
simple mapping function 30.

In each point (L, E), the mapping functions 30, 31 have
a slope dE/dL, which for instance in the example point (L,,
E,) determines how much the target charge amount E shall
increase from E, when the noise-filtered signal level L
increases from L. In the following, the slope dE/dL is
referred to as the incremental gain G,. The sound levels L
provided to the mapping functions 30, 31 may attain nega-
tive, zero and/or positive values depending on the reference
value for the signal levels L. On the other hand, the electric
charge amounts E provided by the mapping functions 30, 31
are inherently non-negative. Note therefore, that an absolute
gain is not well defined and that the unit of the incremental
gain G, obviously depends on the respective units of the
sound levels L and of the target charge amounts E.

The simple mapping function 30 preferably extends lin-
early between a lower knee point 32 and an upper knee point
33. In the lower knee point 32, the simple mapping function
30 maps a threshold level L, corresponding to the user’s
hearing threshold into the threshold charge T. In the upper
knee point 33, the simple mapping function 30 maps a
maximum comfortable level L. corresponding to the user’s
UCL into the maximum comfortable charge C. Between the
lower and upper knee points 32, 33, the simple mapping
function 30 has a constant and positive incremental gain G,
of (C-T)/(L~Ly).

Between the knee points 32, 33, the clectric charge
amounts emitted by the electrodes 10 thus increase with
increasing noise-filtered signal levels L and thus with
increasing levels of the acoustic signal. Signal levels L
above the maximum comfortable level L_ are preferably
mapped into the maximum comfortable charge C and thus
with zero incremental gain G, in order to avoid creating
uncomfortable sensations in the user. Signal levels L. below
the threshold level L, are preferably mapped into zero
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charge C and thus with infinite incremental gain G, in order
to save energy in the implantable stimulator 3. The noise-
floor threshold of the noise filter 22 is preferably above and
not below the threshold level L., The noise-floor threshold
of the noise filter 22 may be set equal to the threshold level
L, in order to allow the user to perceive acoustic signal
levels within the entire comfortable acoustic range.

The computation of target charge amounts E using a
piecewise linear mapping function, such as the simple
mapping function 30, effectively amounts to applying a
level-dependent gain in the hearing device 1. Such level
compression and/or level expansion are commonly applied
and thus well known in the art of hearing devices. However,
by applying level compression and/or level expansion only
after deriving the band-limited audio signals in the filter
bank 21 and after attenuating undesired signal components
in the noise filter 22, thus allowing the filter bank 21 and the
noise filter 22 to operate on signals that have neither been
subjected to effective level compression nor to effective
level expansion, the amount of artefacts produced by the
filter bank 21 and the noise filter 22 is substantially reduced.
Furthermore, by applying level compression and/or level
expansion only after deriving the band-limited audio signals
in the filter bank 21 and after attenuating undesired signal
components in the noise filter 22, parameters for level
compression and/or level expansion may be set in a more
deterministic way than in the prior art, i.e. in dependence on
predefined levels of the received acoustic signal. Thus,
predefined acoustic levels may be mapped to predefined
stimulus levels, i.e. pulse charge amounts, which allows an
audiologist to perform fitting of the hearing device 1 in a
much more intuitive way than possible for prior art hearing
devices.

The enhanced mapping function 31 deviates from the
simple mapping function 30 only in that it extends from the
lower knee point 32 to the upper knee point 33 via an
intermediate knee point 34, such that the incremental gain G,
is larger between the lower knee point 32 and the interme-
diate knee point 34 than between the intermediate knee point
34 and the upper knee point 33. In the intermediate knee
point 34, the enhanced mapping function 31 maps an inter-
mediate threshold level L, to an intermediate charge K.
Compared to the simple mapping function 30, the enhanced
mapping function 31 thus applies a level expansion to
audible signal levels L below the intermediate threshold
level 1 and a level compression to comfortable signal
levels L above the intermediate threshold level L.

The purpose of the intermediate knee point 34 is primarily
to enhance information conveyed in speech and thus
improve the user’s ability to decode and understand speech.
During typical conversations with moderate voice levels in
quiet surroundings, the level of the speech signals received
by the hearing device 1 normally concentrate within the
lower portion of the comfortable acoustic range. The inter-
mediate threshold level L. is therefore preferably deter-
mined in dependence on a statistic evaluation of typical
speech situations such that the majority of the levels typi-
cally appearing in such speech situations is below the
intermediate threshold level L. The influence of the input
gain on the noise-filtered signal levels L should be appro-
priately considered in this determination. The intermediate
charge K is preferably closer to the maximum comfortable
charge C than to the threshold charge T. These two condi-
tions on the intermediate knee point 34 are normally suffi-
cient to place it above the curve of the simple mapping
function 30. However, for some auditory channels and/or for
some speech languages, they may not suffice. In this case,
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the simple mapping function 30 should be used instead of
the enhanced mapping function 31 for the particular auditory
channel(s). The intermediate knee point 34 ensures that the
levels typically appearing in speech situations are mapped to
a relatively larger range of target charge amounts E, which
typically will improve the user’s ability to understand the
speech.

The enhanced mapping function 31 may be used also in
such hearing devices 1 and/or signal processors 25 wherein
the absence of effective level compression and effective
level expansion applies only to a smaller portion than stated
further above of the level range of the acoustic signal—or
does not apply at all, even when this may increase the
amount of artefacts. In such hearing devices 1 and/or signal
processors 25, the location of the knee points 32, 33, 34 in
the diagram of FIG. 3 may have to be adjusted to best fit the
thus possibly level-dependent gain in the signal path 20, 21,
22.

In other embodiments, the intermediate threshold level L.
may be determined such that about 60%, about 70%, about
80% or about 90% of the levels typically appearing in the
speech situations are below the intermediate threshold level
L. The determination of the intermediate threshold level L,
may further be made based on preferences of the user and/or
on knowledge about the user’s hearing ability in general.
Similarly, the intermediate charge K may be determined
such that it is located at a distance from the threshold charge
T equalling about 60%, about 70%, about 80% or about 90%
of the distance between the threshold charge T and the
maximum comfortable charge C. Also the determination of
the intermediate charge K may further be based on prefer-
ences of the user and/or on knowledge about the user’s
hearing ability in general. For speech at a medium level in
the French language, and for the average user, the interme-
diate knee point 34 may preferably be determined according
to Table 1 below. The frequency ranges and the intermediate
knee points 34 may vary, e.g. for other languages and for
different users.

TABLE 1
Frequency range Lg - (input gain) (K-TY/(C-T)
200 Hz-850 Hz 61 dBgpy, 90%
850 Hz-1500 Hz 61 dBgpy 90%
1500 Hz-3450 Hz 57 dBgpr, 90%
3450 Hz-8000 Hz 50 dBgpz, 90%

Table 1 should be interpreted such that for noise-filtered
signals mainly comprising frequencies within the frequency
range 200 Hz-850 Hz, the intermediate threshold level L,
should thus be set to 61 dBg,; plus the input gain for the
respective frequency range, and the intermediate charge K
should be set at 90% of the distance from the threshold
charge T to the maximum comfortable charge C, etc. The
knee points 34 defined by Table 1 are set such that about
90% of the information comprised in the listed speech
frequency bands are below the respective intermediate
threshold levels 1.

As described earlier; for each auditory channel, the
threshold charge T equal to the smallest charge that the user
can perceive in charge pulses is determined. The target
charge amounts E for individual electric charge pulses in
each pulse stream or auditory channel is mapped to the
levels L of respective noise-filtered signal. For example, the
threshold charge T is mapped to the threshold level L of the
comfortable acoustic range. Conventionally, signals lower
than this minimum level do not stimulate the patient while
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the signal above stimulate the patient. In an embodiment (as
represented in FIG. 4), for overcoming non-linearity on the
behavior of the simulation that may be considerable for
signals that are in average around the threshold level L,
simulation below the threshold level is provided. This would
be beneficial to the patient to the patient as the nerves would
be on near simulation threshold when a signal level L is
close to the threshold level L. As illustrated, the mapping
functions 30, 31 is extended in a region where the noise-
filtered signal level L is below the threshold level L. For the
enhanced mapping function 31, such extension is made
utilizing the slope dE/dL obtained between the lower knee
point 32 and the intermediate knee point 34. Although, the
extended simple mapping function 30 may be utilized for
determining the stimuation but the extended enhanced map-
ping function is preferred. In such a scenario, the stimulation
may be limited by either the minimum system sensitivity
(MSS) or the absolute minimum capability (MC) of the
implant such as 5 ps.

The hearing device 1 may preferably comprise a user-
operable control (not shown), such as a control element on
the wearable device 2 and/or on a wired or wireless remote
control, that allows the user to adjust the intermediate
threshold level L. The user-operable control preferably
allows the user to adjust the intermediate threshold level L,
in predefined level steps, such as e.g. 10 dB steps or 6 dB
steps. This allows the user to adapt the signal processing in
the signal processor 25 to weaker and/or louder speech. The
signal processor 25 may preferably comprise an environ-
ment analyser (not shown) that analyses the acoustic signal
and adjusts the intermediate threshold level L, in depen-
dence on the analysis, such that the intermediate threshold
level L, decreases when the signal processor 25 receives
weaker speech signals and increases when the signal pro-
cessor 25 receives louder speech signals. The signal proces-
sor 25 may thus automatically perform adjustments other-
wise made by the user.

The hearing device 1 may preferably comprise a user-
operable control (not shown) that allows the user to switch
the hearing device between using the simple mapping func-
tion 30 and the enhanced mapping function 31 for relevant
auditory channels, i.e. those auditory channels having an
intermediate knee point 34 above the simple mapping func-
tion 30. This allows the user to adapt the signal processing
in the hearing device 1 to situations with and without speech.
Thus, when speech is present, the user may choose signal
processing than enhances speech, and when speech is
absent, the user may choose signal processing that provides
a more natural loudness curve, e.g. for environmental
sounds. The signal processor 25 may preferably comprise a
speech detector that detects speech in the acoustic signal and
switches the signal processor 25 to using the enhanced
mapping function 31 for the relevant auditory channels
when detecting speech and switches the signal processor 25
to using the simple mapping function 30 when speech is
absent, thus automatically performing switching otherwise
made by the user.

In some embodiments, the used mapping functions 30, 31
may have further knee points. In some embodiments, the
mapping functions 30, 31 may above the upper knee point
33 have a positive incremental gain G, that is smaller than
the incremental gain G, between the lower and the upper
knee points 32, 33. In some embodiments, the mapping
functions 30, 31 may have an incremental gain G, that is zero
or positive and finite below the lower knee point 32. The
knee points 32, 33, 34 are preferably implemented as soft
knee points, i.e. such that the incremental gain G, transitions
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smoothly in the immediate vicinity of the knee points 32, 33,
34, in order to avoid abrupt changes of the incremental gain
G;, in the knee points 32, 33, 34. In some embodiments, the
incremental gain G; may be only approximately constant,
and the mapping functions 30, 31 may be only approxi-
mately piecewise linear.

The signal processor 25 is preferably implemented mainly
as digital circuits operating in the discrete time domain, but
any or all parts hereof may alternatively be implemented as
analog circuits operating in the continuous time domain.
Digital functional blocks of the hearing device 1, such as e.g.
the pre-emphasis filter 204, the filter bank 21, the noise filter
22, the pulse controller 23, the transmitter 11, the receiver 12
and the pulse generator 24 may be implemented in any
suitable combination of hardware, firmware and software
and/or in any suitable combination of hardware units. Fur-
thermore, any single hardware unit may execute the opera-
tions of several functional blocks in parallel or in interleaved
sequence and/or in any suitable combination thereof.

The hearing device 1 may be part of a binaural hearing
system.

Further modifications obvious to the skilled person may
be made to the disclosed apparatus and/or method without
deviating from the scope of the invention. Within this
description, any such modifications are mentioned in a
non-limiting way.

Some preferred embodiments have been described in the
foregoing, but it should be stressed that the invention is not
limited to these, but may be embodied in other ways within
the subject-matter defined in the following claims. For
example, the features of the described embodiments may be
combined arbitrarily, e.g. in order to adapt the system, the
apparatus and/or the method according to the invention to
specific requirements.

It is further intended that the structural features of the
apparatus described above, in the detailed description of
‘mode(s) for carrying out the invention’ and in the claims
can be combined with the methods, when appropriately
substituted by a corresponding process. Embodiments of the
methods have the same advantages as the corresponding
apparatus.

Any reference numerals and names in the claims are
intended to be non-limiting for their scope.

The invention claimed is:

1. A hearing aid system, comprising:

an implantable stimulator including two or more elec-
trodes for emitting electric charge pulses to neural
fibres of an individual; and

a signal processor circuit including

an input circuit configured to receive an acoustic signal
from the individual’s surroundings and provide at
least one corresponding input audio signal,

a filter bank configured to receive the at least one input
audio signal and to output at least one band-limited
audio signal in dependence on the at least one input
audio signal, and

a noise filter configured to attenuate undesired signal
components in the at least one band-limited audio
signal and to provide at least one corresponding
noise-filtered signal, wherein

the input circuit and the filter bank are configured to
prevent an effective level compression and an effective
level expansion of the at least one noise-filtered signal
when the input circuit and the filter bank process the
acoustic signal having a level within the individual’s
predefined comfortable acoustic range.
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2. The hearing aid system according to claim 1, wherein

the signal processor further includes

a pulse controller configured to control the emission of the
electric charge pulses for at least one auditory channel
in dependence on the at least one noise-filtered signal,
such that the amount of electric charge provided in the
electric charge pulses increases with increasing level of
the at least one noise-filtered signal, thereby defining at
least one level-dependent incremental gain.

3. The hearing aid system according to claim 2, wherein

the pulse controller is further configured to control the
incremental gain such that it is larger for any level of
the at least one noise-filtered signal between a lower
threshold level and an upper threshold level than for
any level above the upper threshold level.

4. The hearing aid system according to claim 3, wherein

the pulse controller is further configured to control the
incremental gain such that it is larger for any level of
the at least one noise-filtered signal between the lower
threshold level and an intermediate threshold level than
for any level between the intermediate threshold level
and the upper threshold level.

5. The hearing aid system according to claim 4, wherein

the signal processor further includes

an environment analyser configured to analyse the acous-
tic signal in the individual’s environment and adjust the
intermediate threshold level in dependence on the
analysis, such that the intermediate threshold level
decreases when the signal processor receives weaker
speech signals and increases when the signal processor
receives louder speech signals.

6. The hearing aid system according to claim 4, further the

signal processor is configured to

control the intermediate threshold level in dependence on
input provided by the individual.

7. The hearing aid system according to claim 3, wherein

the level thresholds are determined to correspond with
respective predetermined threshold levels of the acous-
tic signal.

8. The hearing aid system according to claim 3, wherein

the pulse controller is further configured to control the
incremental gain such that it filtered signal between the
lower level threshold and the upper level threshold,
except for smooth transitions in the immediate vicinity
of the level thresholds.

9. The hearing aid system according to claim 1, wherein

the input circuit comprises:

an input transducer configured to receive the acoustic
signal and provide a corresponding electric input sig-
nal;

a pre-amplifier configured to apply a linear gain to the
electric input signal, the gain being independent of the
level of the electric input signal;

a digitiser configured to digitise the electric input signal
after pre-amplification and to provide the digitised
signal as the input audio signal; and

a pre-emphasis filter that is configured based on a hearing
capability of the individual to achieve a human-ear’s
natural frequency characteristic.

10. The hearing aid system according to claim 1, wherein

the filter bank comprises:

a time-to-frequency domain converter configured to pro-
vide a set of narrow-band frequency signals in depen-
dence on the input audio signal; and

a channel combiner configured to provide the at least one
band-limited audio signal as a sum or an energy sum of
a subset of the set of narrow-band frequency signals.
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11. A wearable device comprising a hearing aid system
according to claim 1.

12. A method for operating a hearing device with an
implantable stimulator having two or more electrodes for
emitting electric charge pulses to neural fibres of an indi-
vidual, the method comprising:

receiving an acoustic signal from the individual’s sur-

roundings and providing a corresponding input audio
signal;

inputting the input audio signal to a filter bank and

outputting at least one band-limited audio signal in
dependence on the input audio signal;

inputting the at least one band-limited audio signal to a

noise filter and attenuating undesired signal compo-
nents in the at least one band-limited audio signal and
providing at least one corresponding noise-filtered sig-
nal;

preventing an effective level compression and an effective

level expansion of at least one band-limited audio
signal prior to the attenuating of the undesired signal
components by the noise filter; and

controlling emission of the electric charge pulses for at

least one auditory channel in dependence on the at least
one noise-filtered signal, such that the amount of elec-
tric charge provided in the electric charge pulses
increases with increasing level of the at least one
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noise-filtered signal, thereby defining at least one level-
dependent incremental gain.

13. A method according to claim 12, and further com-
prising controlling the incremental gain such that it is larger
for any level of the at least one noise-filtered signal between
a lower threshold level and an upper threshold level than for
any level above the upper threshold level.

14. A method according to claim 13, and further com-
prising

controlling the incremental gain such that it is larger for

any level of the at least one noise-filtered signal
between the lower threshold level and an intermediate
threshold level than for any level between the interme-
diate threshold level and the upper threshold level.

15. A wearable device comprising the hearing aid system
according to claim 2.

16. A wearable device comprising the hearing aid system
according to claim 3.

17. A wearable device comprising the hearing aid system
according to claim 4.

18. A wearable device comprising the hearing aid system
according to claim 5.

19. A wearable device comprising the hearing aid system
according to claim 6.
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